Abstract-Reverberation is a large problem for speech communication and it is known that strong reverberation affects speech intelligibility. This is especially true for people with hearing impairments and/or elderly people. Several approaches have been proposed and discussed to improve speech intelligibility degraded by reverberation. Steady-state suppression is one such approach, in which speech signals are processed before being radiated through the loudspeakers of a public address system to reduce overlap masking, which is one of the major causes of degradation in speech intelligibility. We investigated whether the steady-state suppression technique improves the intelligibility of speech in reverberant environments for elderly listeners. In both simulated and actual reverberant environments, elderly listeners performed worse than younger listeners. The performance in an actual hall was better than with simulated reverberation, and this was consistent with the results for younger listeners. Although the normal hearing group performed better than the presbycusis group, the steady-state suppression technique improved the intelligibility of speech for elderly listeners as was observed for younger listeners in both simulated and actual reverberant environments.
I. INTRODUCTION

R
EVERBERATION is a large problem that must be overcome to build a "barrier-free" environment for speech communication. It is known that strong reverberation affects speech intelligibility. Although early reflections often help speech intelligibility (the Haas effect, e.g., [1] ), late reflections degrade speech intelligibility (e.g., [2] ). This is especially true for people with hearing impairments and/or elderly people [3] , as well as for non-native listeners [4] . Therefore, designing acoustics of a room becomes increasingly important for creating a universally accessible environment for speech communication.
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Digital Object Identifier 10.1109/TASL.2010.2052165 It has been pointed out that overlap masking in reverberant environments is one of the main sources of degradation in speech intelligibility [5] - [7] . Overlap masking occurs among segments where the reverberation tails of the previous segments mask the following ones. As a result, speech segments following reverberating segments are more difficult to understand. The effect of overlap masking is greater when a previous segment is more powerful than a following segment, as in the case of a vowel followed by a consonant [8] , [9] .
Several approaches have been proposed and discussed to improve speech intelligibility degraded by reverberation. Some are based on architectural acoustics and others on electrical acoustics. In approaches based on electrical acoustics, there are two major possibilities: having a device near the listener, or having a device in the public address (PA) system (Fig. 1) . In the latter case, Arai et al. [8] , [9] proposed "steady-state suppression," in which speech signals are processed before being radiated through the loudspeakers of a PA system to reduce overlap masking.
Steady-state suppression [8] , [9] is a technique that directly reduces overlap masking caused by reverberation and prevents the degradation of speech intelligibility in a reverberant environment. Strange et al. [10] showed that the information in steady-state portions of a speech signal was relatively insignificant compared with the information in transient portions. Additionally, steady-state portions usually have more energy compared to transients. The steady-state suppression technique reduces overlap masking by estimating and suppressing the more powerful yet less significant steady-state portions of speech, such as the nuclei of syllables. (Here, the term "suppression" is used to refer to simple attenuation of the amplitudes of the steady-state portions.) From the results of several experiments, we have already confirmed its effectiveness when we apply this processing between a microphone and loudspeaker.
Hodoshima et al. [11] , [12] confirmed that it significantly improves speech intelligibility for young normal-hearing listeners in simulated and actual sound fields (reverberation times of 0.8-1.3 s).
Not many studies, however, have been done to increase the intelligibility of speech for elderly listeners. Nábělek and Donahue [13] tested assistive listening systems (frequency modulation of radio frequencies and modulation of infrared light waves as transmission modes) in a reverberant environment compared with a PA system, and found that the former yielded higher word identification scores for elderly listeners. Gordon-Salant [14] , [15] reported that increasing the energy of consonants relative to that of vowels yielded a higher consonant recognition rate in noise for elderly listeners. Hodoshima et al. [16] reported that the steady-state suppression technique improved the speech intelligibility of a single elderly listener with presbycusis in simulated sound fields (reverberation times of 0.7, 1.0, and 1.2 s).
In this paper, we tested whether elderly listeners perform worse in terms of the intelligibility of speech with reverberation than younger listeners due to spectral and/or temporal deficits, and we further tested whether the steady-state suppression technique helps to improve speech intelligibility for elderly listeners as has been observed for younger listeners. We conducted two experiments. In Experiment 1 [17] , we tested how elderly listeners perform with regard to the intelligibility of speech with stimuli similar to those used in a previous study for young normal-hearing listeners [12] . In this experiment, the listening tests were conducted in simulation by convolving speech signals with impulse responses. In Experiment 2, we tested elderly listeners' performance in an actual hall. Finally, we compared the elderly listeners' performance in two sound fields, and we further discussed whether avoiding suppression of the steady-state consonants affects the results. In Sections II and III, the two listening tests are described. We further discuss the issues with reference to our experimental results in Section IV.
II. EXPERIMENTS
A. Participants
Experiment 1: Forty-nine elderly listeners (21 males and 28 females, aged 56 to 90 years, average age of 67.9 years) participated in Experiment 1. All were native speakers of Japanese. We divided the participants into three groups based on their audiograms: the normal hearing group (ENH group, 20 participants), the presbycusis group (PRE group, 16 participants) with gradually sloping hearing loss, and the other hearing-loss group (13 participants), which was made up of subjects who had hearing loss not classified as presbycusis. Figs. 2 and 3 show the audiograms of the ENH and PRE groups, respectively. The definition of normal hearing in this study was that pure tone thresholds were less than 25-dB HL at frequencies between 125 and 8000 Hz.
Experiment 2: Twenty-three elderly listeners (6 males and 17 females, aged 64 to 92 years, average age of 72.2 years) participated in Experiment 2. All were native speakers of Japanese. We divided the participants into three groups based on their audiograms: the ENH group (8 participants), the PRE group (3 participants), and the other hearing-loss group (12 participants), which was made up of subjects who had hearing loss not classified as presbycusis.
B. Steady-State Suppression
In both experiments, we adopted the same algorithm for the steady-state suppression method as used in previous studies [8] , [9] , [11] , [12] . This technique first splits an original signal (sampled at 16 kHz, in this study) into 1/3-octave bands by bandpass filters (BPFs) approximating critical bands. Then, it extracts the temporal envelope in each band by the Hilbert transform. After low-pass filtering at a cutoff frequency of 35 Hz and down-sampling with a factor of 160, the regression coefficients are calculated from the five adjacent values of the time trajectory of the logarithmic envelope of each band. Then the mean square for the regression coefficients over all bands, , is calculated every 10 ms. This parameter is similar to what Furui proposed to measure spectral transition [18] . After up-sampling to the original sampling rate, we define a portion of speech as steady-state when is less than a given threshold (that is the median in this study). Once a speech portion is considered steady state, the amplitude of the portion is suppressed. In this paper, the speech portion is suppressed to 40% of the original amplitude, as in previous studies [8] , [9] , [11] , [12] .
In Experiment 2, we further added a step to avoid suppressing relatively longer continuants where the spectral moment is higher than 3750 Hz [19] , [20] , such as sibilant consonants. Fig. 4 shows the original and the processed speech signals with the steady-state suppression. The top panel shows the waveforms and their spectrograms of the Japanese syllable /ka/, and the bottom panel shows them for /sa/. Fig. 4(a) is the original signals, (b) is the processed signals with the steady-state suppression, and (c) is the processed signals with the steady-state suppression and the additional step. As shown in Fig. 4(b) , the steady-state portions of the vowel /a/ are attenuated for both /ka/ and /sa/. In addition, the relatively steady portion of /s/ in Fig. 4(b) is attenuated, whereas /k/ is unchanged. In contrast, the consonants /k/ and /s/ are not changed in Fig. 4(c) , because the additional step avoids attenuating steady portions in sibilants.
C. Stimuli Experiment 1:
The original speech samples consisted of 14 nonsense consonant-vowel (CV) syllables embedded in a Japanese carrier phrase, "Daimoku to shite wa to iimasu" (It is called as a title). The vowel was and the consonants were . The speech samples were originally obtained from the ATR Speech Database of Japanese. The CV syllables were obtained from the monosyllable data set, whereas the carrier phrase was a combination of two partial sentences obtained from the sentence data set. The ratio of the root-mean square (RMS) in the carrier phrase to that in the CVs was adjusted to 1:0.7.
In Experiment 1, we conducted a perceptual experiment under artificial reverberant environments achieved by convolving speech samples with impulse responses. We prepared original speech samples (Proc0) and speech samples processed by steady-state suppression (Proc1). All speech samples were convolved with each of the two impulse responses: Rev1 and Rev2. The reverberation times (T60s) of the two impulse responses we used were 1.3 s (Rev1) and 1.0 s (Rev2). The former impulse responses were obtained at the largest lecture hall at Sophia University in Tokyo. The latter one was originally obtained at Hamming Hall in Tokyo (T60 was 1.1 s when a reflection board was not used), and we modified its T60 to 1.0 s by multiplying an exponential decay as in previous studies (e.g., [12] ).
Experiment 2: The original speech samples were essentially the same as in Experiment 1, except that the vowels were and . All possible CV combinations were selected, excluding those that do not meet Japanese phonotactics. We prepared original speech samples (Proc0) and processed speech samples by two types of steady-state suppression (Proc1 and Proc2), where Proc1 was the original method of steady-state suppression as used in Experiment 1, while Proc2 was the modified method with an additional step to avoid suppressing relatively longer continuants where the spectral moment is higher than 3750 Hz.
D. Procedures Experiment 1:
The listening test was conducted in a soundtreated room for each participant one at a time. Stimuli were presented diotically through headphones (STAX SR-303) connected to a computer. The sound level was adjusted to each listener's comfort level during the training session prior to the listening test and kept constant. A stimulus was presented once in each trial and the listeners were instructed to write which of the 14 provided CVs they heard in kana orthography on an answer sheet. After they wrote a response, the next stimulus was presented by clicking a "Next" button on the screen with a mouse. The listening test was carried out at each listener's own pace. For each listener, 56 stimuli (2 processing conditions 14 CVs 2 reverberation conditions) were presented randomly.
Experiment 2: In Experiment 2, we conducted a listening test in an actual hall: the largest lecture hall in Sophia University. The volume was approximately 3100 m ; the seating capacity was 822 seats. All 23 participants were tested in groups; they were seated every two seats in the center back area of the hall. The stimuli were played through loudspeakers (Electro-Voice TS-9040D-LX) mounted at the center ceiling of the hall. Although a signal-to-noise ratio (SNR) was not measured during the listening test, the SNR should have been high enough to prevent distraction because all equipment in the lecture hall (i.e., a projector and an air ventilation system) was turned off except for the public address system and the computer used for the listening test. The distance between the participants and the loudspeakers was more than 10 m, and this was longer than the critical distance of this hall (approximately 9.8 m), so that the reverberant sounds would be more dominant than the direct sound. The sound level was adjusted to participants' comfort level during the training session prior to the listening test and kept constant. All 72 stimuli (3 processing conditions 24 CVs) were presented randomly. A stimulus was presented once in each trial and the listeners were instructed to write which of the 24 provided CVs they heard in kana orthography. Fig. 5 shows the results of Experiment 1 [17] . The bold solid and bold dashed lines show the overall mean percent correct of all participants. A 2 2 ANOVA was carried out with reverberation (Rev1, Rev2) and processing (Proc0, Proc1) as repeated variables and the correct rate (raw data) as the dependent variable. Results showed that processed speech had significantly higher correct rates than unprocessed speech . A -test showed that processed speech had significantly higher correct rates than unprocessed speech in both reverberant environments . The main effect of reverberation, as well as the interaction between reverberation and processing, was not significant.
III. EXPERIMENTAL RESULTS
A. Experiment 1
In both the ENH and PRE groups, a 2 2 ANOVA was carried out with reverberation (Rev1, Rev2) and processing (Proc0, Proc1) as repeated variables, and the correct rate as the dependent variable. Results showed that processed speech had significantly higher correct rates than unprocessed speech for both Fig. 6 . Correct rates for Proc0, Proc1, and Proc2 of the ENH group, the PRE group, and overall in Experiment 2. Error bars show standard errors.
groups
. A -test showed that processed speech had significantly higher correct rates than unprocessed speech in both reverberant environments for both groups (ENH: Rev1:
, Rev2: ; PRE: Rev1: , Rev2: ). The main effect of reverberation was not significant for either group. The interaction between reverberation and processing was significant for the ENH group , but not for the PRE group.
B. Experiment 2
Fig . 6 shows the results of Experiment 2. A 3 1 ANOVA was carried out with processing (Proc0, Proc1, Proc2) as repeated variables and the correct rate (raw data) as the dependent variable. Results showed that the main effect of processing was statistically significant . A Sidak multiple comparison test showed that Proc2 had significantly higher correct rates than Proc0 and Proc1 [Proc0:
, Proc1: ], showing that the steady-state suppression also significantly improved the intelligibility of speech in an actual hall.
IV. DISCUSSION
Results of Experiment 1 showed that the steady-state suppression was also effective for elderly listeners, including both those with normal hearing and presbycusis, as well as for young listeners (e.g., [12] ). Fig. 7 shows the overall mean percent correct in Experiment 1 and a previous study of young normal hearing listeners [11] , [12] in Rev1 and Rev2 (the correct rates of young people in Higashi-Yamato hall were recalculated from [12] , in which the target vowel was /a/, while the [12] used /a, i/ as the targets). In the previous study, the correct rate of the processed stimuli was also significantly higher than that of the unprocessed stimuli in each reverberant environment. The fact that the mean correct rates of the elderly listeners in Experiment 1 were lower than those of the young normal-hearing listeners in Hodoshima et al. [11] , [12] may support the studies of Gordon-Salant and Fitzgibbons [21] , [22] , which reported that audibility and auditory temporal resolution degrade with age and therefore elderly listeners become greatly affected by reverberation. Although the young normal-hearing listeners showed higher correct rates, Fig. 7 . Correct rates for Proc0 and Proc1 of the elderly listeners (Experiment 1) and of the young normal-hearing listeners [11] , [12] .
the improvements in speech intelligibility by steady-state suppression were similar for both listener groups. Therefore, the improvement rates (the improvements divided by the correct rates) are higher for the elderly group. This may suggest that steady-state suppression contributes not only to reducing the overlap masking but also to reducing the temporal masking that was increased due to the poor temporal resolution of elderly listeners.
Results of Experiment 2 showed that the steady-state suppression was also effective for elderly listeners in an actual hall as well as in the simulated reverberant environment (Experiment 1). Because the impulse response data used as Rev1 in Experiment 1 was obtained from the same hall used in Experiment 2, we can compare the results of Proc0/Proc1 in Rev1 of Experiment 1 and Proc0/Proc1 of Experiment 2 to see the effect of the different listening conditions: diotically simulated reverberation and natural reverberation in an actual hall. Comparing the results shows that those in an actual hall were higher (Proc0: 42.2%; Proc1: 46.7%) than those in the diotically simulated reverberation (Proc0: 37.3%; Proc1: 44.9%). This tendency is similar to the results reported for young normal-hearing listeners in Hodoshima et al. [11] . It is also consistent with Helfer [23] and may be caused by binaural advantage [24] , although the experimental setups were not identical (the participants were tested one at a time in Exp. 1 but tested in groups in Exp. 2) and these differences might have caused the different performance.
In Experiment 2, the mean correct rate of Proc2 was significantly higher (52.0%) than that of Proc1 (46.7%) . The medial portion of the continuants, such as and , was suppressed in Proc1 but not in Proc2, and this seems to have yielded the difference in performance for Proc0 and Proc1. The mean correct rates of these two continuants were 59.4, 49.3, and 71.0% for Proc0, Proc1, and Proc2, respectively. While suppressing the continuants did not affect the performance for young normal-hearing listeners in previous studies, it affected the elderly listeners' performance drastically. In both experiments, we used the listener's comfort level. It is known that elderly listeners tend to set their comfort level below the optimum presentation level. Additionally, sibilants were weak in Proc1, and this might have lead to particularly poor performance for the elderly listeners with Proc1. Although this is the case, in summary, preserving steady-state portions of consonants helped elderly listeners to achieve higher speech intelligibility.
V. CONCLUSION
We investigated whether the steady-state suppression technique improves the intelligibility of speech in reverberant environments for elderly listeners. In both simulated and actual reverberant environments, elderly listeners performed worse than younger listeners, due possibly to temporal deficit. Furthermore, the steady-state suppression technique improved the intelligibility of speech for elderly listeners as has been observed for younger listeners (e.g., [12] ). The performance in an actual hall was better than in simulated reverberation, and this tendency was consistent with the results for younger listeners (e.g., [12] ). The normal hearing group performed better than the presbycusis group. As a next step, in future work we will test whether we can obtain a similar tendency for different speech materials, such as words and sentences.
